I. Introduction
EROACOUSTIC noise (i.e. the noise of turbine blades passing through the air) is a limiting factor on the performance of wind turbines. As a result, most designs limit their rotational speed because of noise constraints, which reduces aerodynamic efficiency. With quieter gearbox and generator designs, aeroacoustic noise is now considered the dominant noise source for wind turbine operation 1 . Measurements of wind turbine noise have traditionally utilized single microphone techniques 2 to quantify overall sound pressure level and satisfy noise ordinances. Recently, acoustic arrays 3, 4 have been developed to identify locations of noise sources as well as noise amplitudes. Acoustic arrays are a relatively new measurement devices for aeroacoustic noise 5, 6 , but are based on well known signal processing schemes for phased arrays 7 . In the past two decades, phased microphone arrays have seen many applications to the field of rotorcraft and aircraft noise both inside the wind tunnel and in the field [8] [9] [10] . The use of acoustic arrays on wind turbines has followed much of airframe noise work, using many of the same techniques.
Most arrays used in wind turbine applications have consisted of a large number of microphones (> 100) and have been used for measuring large Megawatt scale wind turbines 3, 4 . Results from these studies have shown trailing edge noise near the blade tip to be the dominant noise source, especially when the blades are travelling downward. The National Renewable Energy Laboratory (NREL) in collaboration with the University of Colorado is developing a 32 microphone array which is currently being used for field measurements of a smaller 100 kW wind turbine. One difficulty in using a small array to measure broad band frequency response is the limitation in the spatial resolution due to the number of sensors. Through careful analysis the NREL 32 sensor array is able to satisfactorily provide acoustic noise maps for a band spanning six octaves. Other challenges also arise when using an acoustic array to make measurements on smaller wind turbines. In order to achieve acceptable angular resolution, the array must occupy a large area in front of the turbine. The large angles formed between the acoustic sources and the microphones cause significant Doppler shift discrepancies between sensors and have been shown to allow atmospheric turbulence to distort the signals more. Special care must therefore be taken when using a large array with a small wind turbine. The array described herein has been used to successfully monitor the noise on a 100 kW turbine at the National Wind Technology Center (NWTC) in Boulder, CO 11 . These previous tests have verified that the dominant acoustic noise sources are near the blade tips with peaks during the downward half cycle of rotation. The current array is designed to observe the blade tips as well as the inboard sections.
In June 2009 the array was moved to the USDA Agricultural Research Service site in Bushland, Texas for acoustic measurements of the Blade System Design Study (BSDS) blades 12 . Researchers at Sandia National Laboratories are investigating the performance of BSDS blades. Wind tunnel tests have shown a strong low frequency noise signature caused by the inboard "flatback" blunt trailing edge section 13 . The 17.9 meter diameter A American Institute of Aeronautics and Astronautics 3 blade set is being monitored in operation on a 100 kW turbine for its acoustic properties, especially those of the flatback section. Also of interest are the higher frequency acoustic properties near the blade tips. The tests will eventually include placing splitter plates on the flatback sections to determine the effect on noise emissions. Trailing edge treatments near the blade tips may be investigated as well. The array described in this paper provides a key tool for investigating the impact and performance of blade modification on an operating wind turbine system. Details of the system design, implementation, and data collected from multiple field studies are presented herein.
II. Array Signal Processing

A. Conventional Beamforming
Beamforming is the process by which the reception pattern of an array is "steered" toward a particular point in space. This can be done for a range of sensor types such as acoustic, electromagnetic, or optical and is used widely in the radar community. For the purposes of this paper the concentration will be on the application to acoustic signals using small microphones as the receiving devices. To achieve the steering, multiple sensors which can be independently phased are required. Once data are collected from the M microphones, the signals are shifted in time to match the delays that would be caused by a signal propagating from the point the array is steered towards. The time shift, Δ m , corresponds to the time it would take the signal to travel between the location of sensor m and the center of the array. After shifting, the signals are summed together to form the output of what is called the "delayand-sum" beamformer 7 ,    ,
where w m is the weight, a value between 0 and 1, given to the m th sensor. Unless otherwise stated, the beamforming described in this research uses a weight of 1 for all sensors. The Fourier domain version of Eq. (1) is given by
Note that the time delay in Eq. (1) results as a phase shift in the frequency domain (Eq. (2)). The conventional beamforming algorithm that we use is based on Eq. (2) except that when the frequency content of the data is acquired, the Fast Fourier Transform (FFT) is used so that there are a finite number of frequency bins. Assuming that blocks of data T seconds long are sampled at S Hz, the number of frequency bins available is K = S•T and the resolution is S/K Hz. Letting k represent the frequency bin of interest, Eq. (2) becomes is the Hermitian transpose operator. Instead of detecting magnitude, the beamformer can detect the squared magnitude, or power, of the signal at a specific point. This value,
, is called the "steered power response 7 ." The steered response power can be written as
where
† is an M-by-M matrix called the "cross-spectral matrix" or CSM 14 . It is Eq. (4) which is implemented in the algorithm we use for beamforming.
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B. Signal to Noise Ratio
Arrays can obtain exceptional signal to noise ratios (SNR) do to the nature of the cross-powers that form the offdiagonal elements of the CSM. Once the data at each microphone have been acquired, there will be a signal term, which is the signal propagating from the direction the array is steered, and a noise term, which is due to the background wind and atmospheric turbulence and is intrinsic to the electronics. After the signal from microphone m has been processed using the FFT, the signal and noise terms for the k th frequency bin can be represented as Aexp(j(Δ m ω k + δ)) and N m exp(jΦ m ), where A is the amplitude of the signal of interest, δ is the phase of the signal at the center of the array, and N m and Φ m are the magnitude and phase of the noise contribution from microphone m. As long as the noise terms present at each microphone are independent from each other, which is true for the atmospheric noise if enough data is collected, the SNR of the beamformer can be driven to a very high value given enough data. It has been confirmed experimentally that the phases of the wind noise detected at each microphone are uncorrelated with one another. The CSM element for sensor pair i,j for the signal and noise terms shown above is
In practice, when implementing a beamforming algorithm N blocks of data are averaged to form a CSM estimate
Using the Hermitian properties of the CSM, the steered power response of the beamformer using the CSM estimate when the array is steered directly toward a source of amplitude A in the k th frequency bin is 
As long as i≠j, the noise terms are zero-mean random variables and tend toward zero for large N and M. If i=j, the noise term N i 2 remains, which would limit the SNR to M•A 2 /N 2 . When the i=j, or diagonal terms of the CSM are not used in the calculation, only the M 2 -M offdiagonal terms remain and the SNR scales as N(M 2 -M). Furthermore, the removal of the i=j terms does not harm the spatial selectivity of the beamformer because the diagonal terms only add a constant offset to the steered power response for all directions. This method, called "diagonal removal 14 " because the diagonal terms of R k are set to zero, is the approach used in this research.
C. Array Pattern
Of particular importance in beamforming is the "array pattern," sometimes referred to as the point spread function The scan plane will always be the plane in which the rotor is located and may consist of the entire rotor or a single blade. The array pattern is the output of the beamformer and a function of position as the array is steered toward different points on the scan plane when a monotone point source is located in the scan plane. Response to a point source is important to analyze because the acoustic noise present on the rotor can be interpreted as the superposition of many point sources. Since the beamformer is a linear system, the final "acoustic map" produced will be the superposition of many array patterns centered on the point sources. Throughout the rest of this paper, the coordinate system shown in Fig. 1 will be used where (0, 0, 0) is the center of the array and the base of the tower is at (0, h, 0) where h is the hub height of the machine. Therefore the center of the typical scan plane is (0, h, h), forming a 45° angle with the array. Figure 2 illustrates the array patterns that result from simulation and field tests at the National Wind Technology Center in May 2009 using a prototype array. Both the simulation and the experiment use 3 kHz pure tones located at (-8.2, 36.4, 33.8). The experiment involved using an aerial lift to place a small speaker broadcasting a 3 kHz tone near the rotor of a 100kW machine. This turbine has a 36.4 meter hub height and was used in the array development process. The beamforming algorithm used a scan plane of 40 meters-by-40 meters and calculated a new beamformer output every 0.4-by0.4 meters. Also shown in the plots is the outline of the rotor disc. Important characteristics of an array pattern are the resolution, sidelobe levels, and sidelobe positions. An array pattern consists of a mainlobe, which is centered on the point source, and many unwanted sidelobes. The mainlobe and sidelobes are clearly visible in Fig. 2 where sidelobe levels are about 6.7 dB below the mainlobe in the simulation while in the experiment, the highest sidelobe level is only -4.5 dB. Array resolution is defined as the -3 dB beamwidth of the array pattern because two point sources of equal power separated by any distance farther apart than this can be resolved by the array. The simulation shows that the array has resolutions of 3.6 meters in the x direction and 3.8 meters in the z direction. The experimental results indicate that resolution for the array as placed in the field is 4.1 meters in the x direction and 3.8 meters in the z direction.
III. Acoustic Array Design
A. Hardware
For this research, an array consisting of 32 microphones is used. The number of microphones used was motivated by a limitation of 32 channels for the current data acquisition system (DAQ). Each microphone is built into a small signal conditioning enclosure that provides a 5V DC bias to the microphone, amplifies the microphone signal before transmission over audio cable to the DAQ, and provides high pass filtering to the signal before and after the amplification stage. The filter blocks unwanted strong low frequency pressure caused by wind. The amplifier is an inverting op-amp configuration that provides a gain of 52 dB to ensure a high SNR over the length of the cable extending to the DAQ. Sensors located close to the center of the array are mounted on a central 8-by-12 foot platform, as shown in Fig. 3 , while sensors farther out are positioned separately on small platforms that are staked down. This design allows for a portable array system as well as easy array shape reconfiguration.
The microphones chosen for the array are the Panasonic WM-61 and more recent WM-64 models. These are omnidirectional electret condenser microphones with a frequency response of 20-16,000 Hz. Their small size of 6.0 mm in diameter and 3.4 mm in height allows them to be accurately modeled as point sensors and positioned in the field with precision. To prevent saturation of the DAQ caused by high winds, each microphone is covered by a 3 inch diameter hemispherical wind screen. Each sensor enclosure is fed by +5 V and ±15 V power wires and is connected to the DAQ through a shielded audio cable.
Our data acquisition system is based upon the National Instruments NI 9172 chassis with eight 4-input NI 9229 modules. This particular system was chosen because each channel has a differential analog input providing exceptional channel isolation, each channel is sampled simultaneously, and the modules have built-in anti-aliasing filters. In addition, the system is capable of sampling at 50 kHz permitting acoustic analysis up to 25 kHz and samples with 24 bit resolution at a dynamic range of ±60V.
B. Array Shape
In general, an array must span a great distance to provide resolution on the order of a couple of meters. We found that the product of the length of the array in meters and the frequency analyzed in Hz should be around 10,000. The array must also have closely spaced sensors to reduce sidelobes to manageable levels. This design tradeoff can usually be handled with arrays of more than 100 sensors because the sensors can be densely positioned and cover a large area. For a small array of 32 sensors, this tradeoff becomes more of a challenge. Our array employs a concentric ellipse philosophy where the array consists of several similar concentric rings of microphones. At any given frequency of analysis, only two of the ellipses are used: an outer ring to provide the resolution and an inner ring to reduce sidelobes. The logic behind this design choice is based on the principal that the array pattern scales inversely with the frequency analyzed. For the example in Fig. 2 , if the source were 1.5 kHz instead of 3 kHz, the array pattern would maintain the same shape but would be stretched to twice its size. The mainlobe would be twice as wide and the sidelobes would be twice as far away from the mainlobe. The other principal exploited in this array design is that the total array pattern is the superposition of the array patterns for individual sub-arrays. As a result, the outer ellipse provides great resolution but has unwanted sidelobes very close to the mainlobe. The array pattern for the inner ellipse yields a larger beamwidth but has sidelobes very far away from the mainlobe and has nulls located at a radius that tends to partially cancel the sidelobes from the outer ellipse. The result is an array pattern with resolution greater than what the outer ring alone provides but with a very low sidelobe structure near the mainlobe. Significant sidelobes remain, but are located far enough away so as not to be confused with other acoustic sources on the rotor. We found that a two ellipse array containing 13 sensors on the outer array and at least 6 sensors on the inner array with a ratio of outer to inner ellipse of 3.48 to be a good design, allowing the sidelobe structures of the two ellipses to partially cancel each other out.
The total array shape of the system currently deployed in Bushland is shown in Fig. 4 along with the outline of where the rotor is located. This 45 sensor design requires 13 of the 32 DAQ channels to be connected to either the outer ring for low frequency analysis or to inner sensors for high frequencies. Included in the design are a tilt angle of 8.17° to optimize the array for the acoustically interesting right, or downward travelling half of the rotor plane, and a stretching of the concentric circles into ellipses. Since the array center is located one hub-height away from the base of the tower, the array looks at the rotor plane at roughly a 45° angle for all scan locations. With this geometry, the array is much more sensitive to a change along the x direction of the scan plane than in the z direction. If the array were circular, the array would have an x resolution that would be half of the z resolution. To correct the array pattern and provide symmetric resolution, the semi-major axis is twice as long as the semi-minor axis.
C. Array Specifications
The 100 kW turbine located at the USDA Agricultural Research Service site in Bushland, Texas is a 22.82 meter hub-height machine with a rotor diameter of 17.95 meters when the BSDS blades are mounted. Two main objectives exist for the examination of acoustic properties of the BSDS blades. The properties of the inboard "flatback" section of the airfoil are of interest. This section begins 2-3 meters out from the hub and spans 2-3 meters along the blade before terminating 3-4 meters from the blade tip. Noise here is primarily low-frequency and is expected to peak at frequencies of about 100-200 Hz. The other area of interest is higher frequency trailing edge noise located near the blade tip. Traditionally, this noise near the blade tip has been most significant on the downward moving half of the rotor disc (hence the tilting of the array toward the right side of the turbine). Analysis of this trailing edge noise is desired at a range of frequencies spanning 250-6k Hz. This large range of frequencies (100 Hz -6 kHz) is the driving requirement behind the decision to include four rings of sensors in the array design where only two will be used for any given frequency resulting in three "sub-arrays." The outer two ellipses are optimized for frequencies below 500 Hz, the middle two ellipses are used for 500-2k Hz, while the inner two ellipses handle the frequency range of 2-8 kHz. A total of 19 sensors are used for any given frequency although the low and mid-frequency subarrays can use all 13 sensors from their inner ellipse for a 26 sensor array (only 6 sensors are mounted on the inner most ring). The tradeoff when using 26 sensors is that the array becomes more dense in its interior resulting in a wider beamwidth but with even lower sidelobe levels. To summarize, each sub-array is optimized for a central frequency, either 250 Hz, 1 kHz, or 4 kHz, and is responsible for frequencies ranging from an octave below to an octave above the center. The array patterns for the 19-sensor sub-arrays at their central frequencies, an octave lower, and an octave higher are shown in Fig. 5 . Also shown in the plots is the outline of the rotor tip location. American Institute of Aeronautics and Astronautics 8 Figure 5 clearly illustrates the scaling property of the array pattern whereby the size of the pattern scales inversely with the frequency analyzed. Observable in these plots are the regions surrounding the mainlobes where very low sidelobe levels exist. These "clean" regions consist of two null rings and two sidelobe rings with average levels of -11.5 dB. The highest level found in any of the clean regions is -10.5 dB. Any sources with a dynamic range of less than 11 dB can be easily identified in these regions. This is an improvement over the prototype array tested at the NWTC which had many sidelobes as high as -6.5 dB very close to the mainlobe (see Fig. 2 ). The average level of the first significant sidelobes beyond the clean region is -8 dB although a few spurious sidelobes can be as high as -5 dB. At the central frequencies, the radius from the mainlobe to the first significant sidelobes is greater than the radius of the rotor. This means that the array pattern resulting from an acoustic source located near the blade tip will not interfere with any other section along that blade in case other aeroacoustic sources exist on the blade. Unfortunately a source located at the hub due to gearbox or generator noise may cause some residual sidelobes to interfere with noise near the blade tip when the array is used for frequencies above the central frequency. It is important that the hub not be the dominant source of noise because of this. Since this is often not the case, resolution can be sacrificed and the next smallest sub-array can be used to observe frequencies more than an octave below the center frequency. Resolutions for the array at the hub location are shown in table 1. The array is able to resolve blade tip noise and inboard noise at all frequencies and hub noise and inboard noise for most frequencies.
D. Sensor Location Errors
There are limits to how much area an array can span for a given frequency while still providing acceptable results. One concern is the degree to which the locations of the sensors in the field can be known. The farther from the center of the array the sensors are positioned, the more uncertainty exists in their locations due to imperfect measurement techniques. A relationship between sensor position error and beamformer power output degradation will now be shown. A sensor position error will cause the signal received to have a phase error because the signal actually travels a different distance from the source than what the beamformer assumes. The power output of the beamformer using diagonal elimination when the array is correctly steered toward a source of amplitude A when the signals are corrupted by phase errors can be written as 
The phase errors ε i and ε j are functions of the projection of the vector formed between the intended position of the sensor and the actual position, and the direction of arrival of the acoustic signal projected onto the array plane. This distance error will be called δ. A positive error indicates that the sensor position errs too close to the source and a negative error indicates the opposite. The errors are also functions of the wavelength of the signal projected onto the xy array plane. For this research, the array is located one hub height away from the rotor plane, so acoustic sources on the rotor impinge on the array plane at roughly a 45° elevation angle. Therefore the projected wavelength of the source onto the array plane will be approximately λ p = λ/cos(45°) ≈ 1.4λ. The phase error for sensor i, ε i , can now be expressed as ε i = 0.707•δ/λ. One way to constrain position errors is to bound the allowable position error by a distance of a fraction of a wavelength, (δ/λ) 0 . If the location errors for both sensors in every sensor pair are in line with the direction of arrival of the acoustic signal, then the maximum beamformer error would be Table 2 shows some of the possible error bounds when sensor position error magnitudes are bounded by (δ/λ) 0 . It is important to note that these are very conservative error bounds because it is very unlikely that the majority of sensor position errors will lie completely in the direction of arrival of the acoustic source.
The other primary source of error when sensors are too far apart for a given frequency is decorrelation of the acoustic wave front due to atmospheric turbulence 15 . Turbulence will cause local variations in the speed of sound, c, throughout the atmosphere. When sensors are close together, the angle formed between the source and the sensors is small and the turbulence will affect both signal paths by roughly the same amount. When the sensors become far apart, the turbulent structures present at the two signal paths tend to become decorrelated and the variations in c may introduce error in the phase difference of the signals between the two microphones. This error will affect the overall sound pressure level (SPL) the same way as is shown in Eq. 8. Both sources of error become more severe as the frequency of interest increases and the magnitude of the error increases as the array size increases. Because of these reasons, it is not practical to increase an array's size for a certain frequency much beyond the design shown in Fig.  4 . As a rule of thumb, we try to position the microphones to within 10% of a wavelength.
IV. Bushland, TX Field Measurement Campaign
A. Test Description
A measurement campaign in Bushland, TX in conjunction with Sandia National Laboratories began in July 2009. The measurements examine acoustic properties of the BSDS blades as a function of wind speed, blade azimuth, ψ, and rotor yaw angle, α. These angles are shown in Fig. 6 . The rotor tilt angle, β, for the turbine is 4°. Wind speed bins 2 m/s wide at 5, 7, 9, and 11 m/s are used to classify the measurements. Due to highly variable wind speeds, in order to keep measurements within one wind speed bin, continuous data sets of 20-60 seconds are used for beamforming. To synchronize the acoustic data with the turbine behavior, sampled blade azimuth and rotor yaw-angle channels are incorporated into the beamforming algorithm. A tradeoff exists between frequency resolution and rotor azimuth angle resolution. We set our DAQ sampling rate to 25 kHz to capture information in excess of 8 kHz. The turbine rotation rate is 55 RPM with a period of 1.091 seconds. We use FFT blocks of length 1024, so the frequency resolution is 25 kHz/1024 = 24.4 Hz. Block lengths of 1024 samples are equivalent to 41 milliseconds. With a rotor period of 1.091 seconds, this block length yields an azimuth resolution of 13.5°. It is worth mentioning that a few challenges arise when using an acoustic array with a relatively small wind turbine like the 100 kW machine in Bushland instead of a larger turbine with a rotor diameter and hub height on the order of 100 meters. The problems are due to the large solid angle formed between an acoustic source on the rotor plane and the array (see Fig. 4 for the large ellipse of sensors). With wider angles formed between the source and sensor pairs, wave front decorrelation from atmospheric turbulence becomes more drastic. Also, Doppler effects from the rotating sources become more severe. When the array is contained in a small solid angle from the moving source, all sensors tend to experience nearly the same Doppler shift and beamforming errors are negligible. For our array configuration, a very large angle is formed between the source and sensor pairs in the outer ellipse. The large size of the ellipse is necessary for excellent resolution, but sensors can experience drastically different Doppler shifts. At 250 Hz and a blade azimuth angle of 130°, the maximum difference in Doppler shift between sensor pairs is 36.4 Hz. Different Doppler shifts can cause errors in assumptions about the phase relationship between sensors. Corrections are therefore made to adjust for Doppler shifts at the sensors. Many of the phase errors can be mitigated by shifting the signals in the time domain to steer the array toward a central location on the scan plane and then using frequency based beamforming to fine tune the array within the scan plane.
B. Average Noise Maps
It was discovered that the test turbine has a very noisy gearbox and generator located in the nacelle and this behavior is quantified in the 1/3-octave, 45 second averages in Fig. 7 . It can be seen that hub noise is the dominant average noise source for not only very low frequencies, but up to 1 kHz. At 2 kHz, trailing edge noise near the blade tip becomes the dominant source. Higher frequencies are not shown due to a lack of data. A plot of the spectrum of the hub noise is shown in Fig. 8 . American Institute of Aeronautics and Astronautics
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Clearly Fig. 8 reveals that hub noise is broadband in nature but contains the highest power density in the lower frequencies. For frequencies higher than 1200 Hz, hub noise is fairly suppressed and for frequencies below 200 Hz, hub noise is at its highest level with 56 dB at the 147 Hz frequency bin. With this power spectral density in mind, resolving low frequency inboard blade noise is difficult due to its proximity to the dominant hub noise source.
C. Azimuthally Dependent Noise Maps
Although the hub is the dominant noise source for frequencies up to about 1500 Hz, by beamforming using only data from specific blade azimuth angles it is possible to identify inboard blade noise sources. If blade noise is strong for specific azimuth angles, it will show up in the noise map even though the hub would dominate in the overall map. The plots shown in Fig. 9 are 250 Hz 1/3-octave overall noise maps separated by blade azimuth angle. A low frequency analysis is presented here because of the expected strong low frequency content of the flatback portion of the blades. The plots were generated from 60 seconds of 9 m/s wind speed data and represent the average of all three blades with a 25° rotor yaw angle. Due to the close proximity of the inboard noise and the hub noise, a quantitative analysis of the sound pressure levels is difficult. However, evidence of inboard noise can clearly be observed, and the noise is present at all azimuth angles. Strong inboard noise peaks appear between 60° and 120° as well as 210°-240°. Fairly strong low frequency content is observed near the 0° position of the blades as well.
At higher frequencies such as 1.25 kHz, the blade noise is more focused in the blade tip region and is therefore more easily identifiable in the noise maps. An azimuthally dependent look at the noise trends at the 1250 Hz 1/3-octave band is shown in Fig. 10 . Once again, these plots show the average of all three blades for a 56 second period with wind speeds of 9 m/s and a 25° rotor yaw angle. Instead of showing the overall rotor noise map, the beamforming method in Fig. 10 "follows" the blade around the rotor with the bottom of each plot representing the leading edge of the blade. The dominant noise source in the inboard region of the blade most prominent between 120° and 300° is the hub. The hub noise location will appear lower (in the z direction) than it actually is because the gearbox and generator are located behind the rotor plane. Because of the rotating scan plane, the hub noise appears in different locations depending on blade azimuth. The important aeroacoustic noise source is located near the tip of the blades and is apparent between 45° and 210°. At 180°, the blade passes in front of the tower and a peak in the noise emissions can be seen due to unsteady loading 1 . A peak in aeroacoustic noise near the tip occurs at an azimuth angle of about 150°. This peak location will vary depending on the yaw angle of the turbine in relation to the observer (in our case the microphone array) and will usually appear closer to 90° for zero rotor yaw. An interesting experiment is to examine the effect of small variations in the blade caused during the manufacturing process such as surface roughness and trailing edge sharpness. Figure 11 compares the 1.25 kHz 1/3-octave noise signatures for the three individual blades between 105° and 165°. All three blades appear to be very consistent as far as noise emissions at this band. Clearly blade "3" has a slightly stronger noise signature with emissions that are about 1.64 dB higher than blade 2.
D. Spectrum of Aeroacoustic Noise
Several different 1/3-octave bands are presented in Fig. 12 for the azimuth angle of 150° which provided the highest SPLs for the azimuthally dependent noise maps. The bands presented belong to the range for which the mid frequency sub-array can be used. All plots were generated using the mid sub-array. For all frequencies, the noise is concentrated near the blade tips. A trend that can be observed is that as frequency increases, the noise producing section of the blade tends to move closer to the blade tip.
A complete analysis of the tip region noise spectrum is presented in Fig. 13 with results separated by blade as well as wind speed. Due to limited data, only the 7 m/s and 9 m/s wind speed bins were available for analysis. The noise power spectrum and wind speed are not particularly correlated although for some frequency bands noise increases with higher wind speed. A few very interesting properties are shown in the spectral curves. Note the two tonal peaks present at 756.8 Hz and 903.3 Hz. These are small peaks, yet are present for all blades and wind speeds indicating that an inherent blade property is causing them. Perhaps the most important results from Fig. 13 are the blade dependent high frequency regions of strong noise. It is the second blade which exhibits the strongest high frequency noise signature, between 1880 Hz and 2808 Hz. A noise signature nearly as strong is present on blade 2, but between 2271 Hz and 3003 Hz. The third blade has no noticeable high frequency peak. These results agree with observations that two of the blades produce loud "swishing" sounds while one of the blades is relatively quiet. Remarkably, the peak regions of blades 1 and 2 are very dependent on wind speed, although the rest of their curves are not. Clearly very small inconsistencies in the manufacturing of the blades have caused very significant noise signature variations. 
V. Conclusion
Aeroacoustic noise will continue to be an area of focus for the optimization of wind turbines, especially with decreasing nacelle contributions to noise. A simple 32 microphone concentric ellipse array is capable of analyzing a very broad spectrum of acoustic noise when designed so that sidelobes do not interfere with other areas of interest. The study of low frequency inboard noise is unfortunately largely qualitative when a noisy gearbox and generator are present. Efforts are being made to reduce the hub noise in Bushland so that a more quantitative and lower frequency assessment of flatback noise can be made, although the current tests reveal that the noise is low frequency in nature and present at all azimuth angles. However, efforts are also being made to "subtract" the nacelle noise from the low frequency noise maps and to use more advanced beamforming techniques to try to increase the resolution. Future work will involve testing over more wind speed bins and analyzing various blade treatments. More data from the small sub-array will be required to extend the results to 8 kHz. A future array design will most likely involve more concentric ellipses of sensors so that each sub-array does not have to be used to analyze noise an octave below and an octave above its optimal frequency. 
